In this paper, a novel adaptive resource allocation algorithm for video services over UTRAN is proposed. The proposed algorithm deploys joint spreading gain control and transmission power allocation to enhance the performance of real-time video communications over time-varying errorprone environments. The proposed algorithm operates in two phases. In the first phase, adaptation is conducted based on the channel quality received by individual users. The second phase is designed to maximise the total channel quality received by all users in the system, while satisfying the constraints on transmission power and code budget. In this way, the algorithm optimises the video quality received and also maximises the number of satisfied users in the system. The proposed algorithm is tested for actual MPEG-4 coded video transmission in a simulated multi-user UMTS network. Video performances are measured by averaging the frame Peak Signal to Noise Ratio (PSNR) received by individual users. The results show significantly improved visual and system performances compared to non-adaptive schemes.
Introduction
Reliable transmission of video over wireless links is becoming an increasingly important application requirement in mobile communications. However, supporting robust video communications over wireless networks is a significant problem, primarily because of three factors: scarcity of bandwidth, time varying error characteristics of the transmission channel, and power limitations of wireless devices.
Currently, research carried out by video coding researchers has focused on improving the quality of received video by individual users for video transmission in given channel conditions [1, 2] . However, the effect of bandwidth fluctuation and the variation of the channel quality caused by the presence of other users in the system are not fully considered in the video performance evaluation. The quality of communication channels in a cellular system is greatly influenced by the presence of other users in the system. Especially in CDMA based cellular systems, such as UMTS, system capacity and coverage depend on the generation of interference from other users in the same cell and also in neighbouring cells. Therefore, it is necessary to optimise the performance of video communication at the system level, taking into account the system parameters such as system load, total base station transmit power (power budget) and the number of spreading codes assigned for each cell (code budget).
This paper examines the effect of system parameters on the performance of real-time video communications and investigates adaptive resource allocation techniques to maximise the video performances in a multi-user downlink UMTS system. The performance investigation is carried out for the transmission of fully error resilience enabled MPEG-4 coded video over a simulated multi-user UMTS system. The developed multi-user UMTS simulator combines a system level simulator and a link level simulator. In contrast to conventional system level simulator design, which incorporates average link level performance figures, the developed simulator uses instantaneous link quality. Therefore, it provides more accurate modelling of receiver performances with significantly reduced computational complexity.
System level adaptation is used to allocate available system resources among different media users in such a way as to maximize the system throughput and user satisfaction. System level quality adaptation takes into account information such as current system load, other user interference, other cell interference, and user quality requirements when a new connection is granted, during negotiation/renegotiation of quality of service parameters, and adaptation of QoS parameters for a given application. System performances are investigated under two different resource allocation schemes.
• Scheme 1 allocates equal transmit power for video users, who require the same quality of service. A spreading code is allocated for each user depending on their source rate requirement. The allocated power and the spreading code are kept constant throughout the transmission duration.
• Scheme 2 adapts the spreading code and the transmission power of each user according to the individual received channel qualities. Further transmission power and spreading code adjustment is conducted to maximise the overall system performances considering the power budget and the code limitation of the system.
The Code Division Multiple Access (CDMA) scheme has been selected as the core multiple-access technology in the development of third-generation wireless cellular systems. CDMA technology provides added advantages compared to FDMA/TDMA based technologies. The advantages include improved channel capacity, asynchronous transmission, reduced sensitivity to multi-path fading, simple call admission control and soft-capacity limits. However, the system capacity and coverage of CDMA based systems depends on the generation of interference from other users in the same cell and also in neighbouring cells. Therefore, efficient resource allocation, among multiple users, with various application requirements, in CDMA based systems is a challenging research problem.
Channel quality calculation
In CDMA systems, users are separated by their allocated spreading code for the transmission. Even though these spreading codes are orthogonal to each other in narrow band channels, they cannot be considered to be perfectly orthogonal in multi-path propagation environments [3] . This means that users in the same cell and neighbouring cells interfere with each other. The system capacity and the cell coverage are therefore defined by the total system traffic load, carrier transmit power, maximum base station transmit power and the number of available codes. The channel conditions, experienced by the users, vary according to the system traffic load at a given time.
Modelling of down link SIR:
In this section, the channel quality calculation, under multi-user scenarios in a UMTS down link, is presented. A variable rate downlink data transmission system for UMTS is considered. Assume that the number of Mobile Terminals (MTs) in a cell j is j N . The MTs are assumed to be randomly distributed. The radio propagation is modelled by path loss, shadow fading and multi-path propagation. Suppose that the transmission power from the base station k to the i th MT in the j th cell is
represented by a log-normal distribution. Assume that the fast fading effect is denoted by
F , . Thus, the received power,
, by the i th MT in j th cell is:
Interference from users in the same cell can be represented by a concept called "orthoganality factor" in the downlink [3] . Let µ be the downlink orthoganality factor for the propagation environment under consideration. In practice, µ depends on the location of the mobile and the characteristics of the propagation environment. Here, for simplicity, an average value of µ is used in the SIR calculation.
Let power on common control channels (broadcast and paging channels) and thermal noise power be denoted by P c and N o respectively. Then received signal to interferencenoise ratio, 
Joint link/system level simulation model
The simulation model discussed here combines a link level simulation model and a system level simulation model to simulate the effects of a complete system on multimedia transmission performance. A single complete simulation model is impractical due to the complexity of such a simulator. Therefore, the system and link level simulators are developed separately and are combined to form the complete system.
Link level simulator: the developed UMTS link level simulator consists of the UTRAN data flow model and WCDMA physical layer for the forward link. The WCDMA physical layer model was developed in a generic manner that enables easy configuration of UTRAN link level parameters such as channel structures, channel coding/decoding, spreading/de-spreading, modulation, transmission modelling, propagation environments and their corresponding data rates according to the 3GPP specifications. The transmitted signal is subjected to a multi-path fast fading environment, where the power-delay profiles are specified in [4] . Co-channel interferences are not explicitly presented in the physical layer simulation model. However it is quantified by use of the orthogonality factor in the system level simulation. The multipath-induced inter symbol interference is implicit in the developed chip level simulator. By adjusting the variance of the AWGN source, the bit error and block error characteristics can be determined for a range of signal-tonoise ratios and for different physical layer configurations.
A UMTS radio interface protocol model, which represents the data flow across the UTRAN protocol layers, is implemented in Visual C++. It is integrated with the physical link-layer model to emulate the actual radio interface as experienced by users. A detailed explanation of the developed link level simulator can be found in [5] .
System level simulator: The Vehicular A environment is considered in the simulation. The system lay out implemented is the recommended 3-sectored cell layout for testing procedures in [4] .
The simulation area is divided in to 24 hexagonal cells each with a 2km cell radius. The system includes seven base stations and each illuminates three sectors (cells). Perfect sectorisation and uniform antenna radiation pattern for each sector antenna are assumed. The positions of the mobiles and their direction of travelling are randomly chosen at initialisation. Cell selection is conducted based on the geographical location of the mobile. User location based hard handover is assumed in base-stationto-base-station and sector-to-sector hand over in the power and interference calculation. The received signal and interference power at the mobile terminal is calculated considering the effect of path loss, slow fading and the mobility of the user. The methods used in modelling of these effects closely follow the 3GPP recommended models, which are described in [4] . Sectors are separated by allocating different scrambling codes. Users in the same sector are separated by allocated OVSF codes. The parameter values used in the system simulator are summarised in Table 1 .
Combination of link and system level simulators:
As the simulator is constructed in two separate parts, a method of interconnection is necessary to form the complete system. The intention of the simulator described here is the investigation of multimedia performances in UMTS systems. Therefore, the effect of instantaneous channel quality variation at chip level must be incorporated into the system simulator.
The link level simulator is developed at chip level, with 3.84 Mcps time resolution. The fast power control technique is incorporated into the link level simulator. Therefore, the system level simulator is designed to operate at the Transmission Time Interval (TTI) level. This reduces the required system simulation time.
Because the system level simulator is developed at the TTI level, one sample point value (average SIR value) is generated for each TTI in the system level. Rapid variation of radio link quality within each TTI is generated using a link level simulator for a corresponding SIR value provided by the system level simulator. This method captures both system and link level quality variations, and provides accurate modelling of receiver performances with significantly reduced computational complexity.
Adaptive resource allocation
An adaptive resource allocation scheme for video communications is investigated. The design enables the enhancement of video quality received by end users of the system while satisfying the requirement on system code budget and power budget.
Reference resource allocation scheme (Refscheme):
A resource allocation scheme, without adaptive power control or adaptive spreading code allocation, is implemented as a reference scheme for performance comparison purposes. Speech channels use the maximum allowable power, ensuring the highest priority for speech users. In addition, the common control channels are transmitted with maximum power to cover the whole cell area. Video users are classified into separate classes according to their required transmission rate. Users in the same class are allocated equal transmit power levels. Let
and c P denote maximum base station transmit power, total power on speech channels, and total power on common control channels respectively. Assuming that video users require the same quality of service, the allocated transmit power on a video channel, v P , is calculated as
where N equals the number of video users in the system and max P is the maximum carrier transmit power. The equation satisfies the requirement on the total base station transmit power and maximum allowable transmit power per channel.
Joint adaptive power control and Adaptive spreading gain control (JAPC-ASGC):
The adaptive spreading code allocation scheme, described in [6] for a single user environment, is modified here for multiuser scenarios. The adaptive spreading gain control technique attempts to improve the received video quality by switching between different spreading codes levels (spreading factor) depending on the state of the transmission channel. Source bit rate is varied according to the selected spreading factor, while keeping the chip rate constant. In good channel conditions, quantisation distortion becomes the dominating factor in received video quality. Therefore, in order to reduce the quantisation distortion, a code with low spreading factor, which supports a higher source rate, is selected. Conversely, in hostile channel conditions, a high spreading factor is used to minimise the channel distortion. The rate switching threshold is selected according to the link level simulation results shown in Figure 1 . The condition used to switch between Spreading Factors (SF) is set according to received video quality as:
The transmission mode selection procedure for each user has been explained in detail in [6] and summarized in Table 2 . The transmission energy is adjusted based on the received channel SIR, source rate and selected spreading factor for the transmission. The transmission bit energy, b E , is calculated as The proposed system level JAPC-ASGC operates at TTI level. First, each user is assigned a transmission mode with a certain spreading factor and transmission bit energy according to their received channel quality. If the number of assigned codes falls within the system code budget, then each user is allocated that spreading code for the current transmission. Otherwise, the transmission code for the user with the minimum channel SIR within the spreading factor 16 group, is changed to a higher level (spreading factor 32 in this case).
Both transmission modes used in the adaptive spreading gain control algorithm show similar video quality near the channel switching threshold (see Figure 1) . Therefore, a reduction in transmission rate for a user experiencing a channel condition close to the switching threshold would minimise the (system) performance degradation in a code limited multi-user scenario.
Experimental set-up
The number of voice users in the system is assumed to be 6 users per sector and is kept constant for the simulation duration. Six spreading codes with a spreading factor of 128 are assigned for voice users. Similarly, 5 channels with a spreading factor of 256 are assigned for control channels. The total transmit power on these control channels is kept constant at 3.2 dB following the recommendations given in [7] . The number of video users permitted in each cell sector is varied from 1 to 40.
Fully error resilience enabled MPEG-4 coded ITU test sequences "Suzie" and "Foreman" are used in the experiments. The above mentioned code allocations on voice and broadcasting channels, permit a maximum number of 14 channels for video transmission with 138 kbps source rate in each cell. A maximum of 29 channels are available for video applications with 64 kbps transmission rate.
The power control parameter values used in the simulation are listed in Table 3 . The parameter values chosen are the recommended values to be used in the system level simulation by 3GPP [7] . The quality requirement for the video application is set according to the experimental results obtained in the link level simulation [5] . Forward error protection (channel protection) uses 1/3 rate convolutional code. The algorithm performances are evaluated based on the video performances. In the intra-cell interference calculation, the first and second sets of interferers are considered. Neighbouring cells are assumed to be operating at full system load. Therefore, the results shown below illustrate the performances seen in a worst-case scenario. Initially, users are randomly placed in the cell. Video sequences are transmitted over the wireless channels simulated using the developed joint link-system level simulator. The effect of the Mean PSNR [dB] Channel SIR [dB] geographical location and variation of propagation condition due to fast fading, slow fading and propagation loss, is fully captured by repeating the simulation for at least 200 times. Figure 2 . For comparison, the performances of the nonadaptive schemes with spreading factors 32 and 16 are also shown in the figure. The proposed adaptive resource allocation scheme shows significant quality improvement compared to non-adaptive scheme. As the theory suggests, the performance of the adaptive scheme gets closer to that of spreading factor 16 operation in good channel conditions. With poor channel conditions, the performance gets closer to that of spreading factor 32 operation.
Experimental results

−
Average performances: The average performances of algorithms in a code-limited system for the transmission of "Foreman" sequence are illustrated in Figure 3 . For the reasons detailed above, the maximum number of supportable users with a spreading factor of 16 is limited to 14, while the limit is 29 for spreading factor 32 operation. As expected, average received quality decreases with increases in the number of users in the system. JAPC-ASGC enhances the performance by 1-2 dB, compared to the non-adaptive schemes.
Conclusion
This paper presents an analysis of the video performances in a multi-user downlink UMTS system. The performance investigation is carried out for the transmission of fully error resilience enabled MPEG-4 coded video over a simulated multi-user UMTS system. The developed multi-user UMTS simulator combines a system level simulator and a link level simulator. Video performances are measured by averaging the frame PSNR received by individual users. Based on individual user quality, the algorithm performances are evaluated in terms of mean received video quality for multiuser system. The performances are investigated under constraints on the base station total transmit power (power limitation) and the code availability per carrier (code limitation) in the system simulation. Results show that better video quality can be achieved using adaptive resource allocation schemes compared to fixed resource allocation.
